ABSTRACT Orthogonal frequency division multiplexing (OFDM) provides an effective approach to combat multipath with high bandwidth efficiency for underwater acoustic communication, thus design and implementation of acoustic OFDM MODEMs draw more and more attention. Extensive work has been performed to mitigate multipath, Doppler shift, and peak average power ratio from the viewpoint of theoretical analysis. Meanwhile, design and implementation of a parameter-configurable OFDM to adapt to highly diverse underwater channels and various missions become more and more important. Traditional MODEM with fixed parameters cannot achieve the best tradeoff between data rate and bit error rate. In order to obtain the best communication performance under long time delay channels, Doppler channels, and frequency-selective channels, in this paper, we provide the design and implementation of a parameterconfigurable underwater acoustic OFDM MODEM with the purpose to achieve flexibility. Specifically, the reconfigurable parameters of the OFDM MODEM include the number of receivers, the number of null subcarriers, the number of pilot subcarriers, as well as the type of channel estimation algorithms. The number of pilot subcarriers and type of channel estimation methods are determined based on channel characteristics, the number of null subcarriers is determined based on the Doppler shift, and the number of the received channels is based on fading channel. Moreover, in this paper, the Doppler estimation performance under different number of null subcarriers, and the channel estimation performance under different number of pilot subcarriers and under different channel estimation algorithms, are analyzed in terms of bit error rate. Finally, the effectiveness of the proposed highly configurable OFDM MODEM is demonstrated by two sea trials corresponding to different communication scenarios.
I. INTRODUCTION
With the rapidly increasing exploitation and development of the ocean, underwater acoustic communication becomes more and more attractive in many applications, such as ocean environmental monitoring, disaster prevention, territory surveillance, objects detection and wireless sensor networks.
Compared with radio wireless channel, underwater acoustic channel poses more challenges. Underwater sound propagates at low frequency which is usually less than 100 kHz
The associate editor coordinating the review of this article and approving it for publication was Guangjie Han. to achieve long distance, as a result, the available bandwidth for communication is extremely limited. Compared with electromagnetic wave, underwater sound propagates at extreme low speed which is approximately 1500 m/s, so even the slight movement between transducer and receiver leads to significant Doppler. Furthermore, the ocean boundary and non-uniform sound profile cause delay spread, which would reach several tens of milliseconds to several hundreds of milliseconds. The delay spread not only leads to serious inter-symbol interference (ISI), but also results in frequency-selective signal distortion. In addition, underwater acoustic channel also shows time-varying and noisy characteristics. So under such complicated underwater acoustic VOLUME 7, 2019 This work is licensed under a Creative Commons Attribution 4.0 License. For more information, see http://creativecommons.org/licenses/by/4.0/ channel, designing an underwater acoustic MODEM with high performance is a significant challenge for research community. During last several decades, non-coherent underwater acoustic MODEMs were intensively designed and implemented, since non-coherent systems do not need carrier phase information, and usually adopt energy detection method to recover transmitted symbols. Generally speaking, the duration of non-coherent symbol should be longer than that of multipath delay spread, which leads to low data rate. In addition, non-coherent systems do need equalization method, so it is easy to implement. Non-coherent underwater acoustic communication includes amplitude shift keying (ASK) [1] - [3] , direct sequence spread spectrum (DSSS) [4] , [5] , multiple frequency shift keying (MFSK) [6] , [7] , and frequency hopping (FH) [5] , [8] .
An ASK underwater acoustic MODEM was designed in [1] with a communication range of 40 m and a data rate of 200 bits per second (bps). An ASK underwater acoustic MODEM was designed in [2] , the data rate was 1000 bps with error free, however, the communication range was 1 m. In [3] , ASK underwater acoustic MODEM was designed for underwater wireless sensor network, the carrier frequency was 70 kHz with a data rate of 700 bps, the consuming power was 2.9 W. In [4] , two gold codes with a length of 2047 were used for spreading the differentially coded data bits, a data rate of 100 bps was achieved. In [6] , a low cost short range (50 m -500 m) underwater acoustic MODEM was designed based on FSK. A FSK based underwater acoustic MODEM was designed in [7] , the data rate was 200 bps with the bit error rate of 10 −2 order of magnitude. In [8] , a micro-MODEM based on low-rate frequency-hopping frequencyshift keying and variable rate phase-coherent keying was designed, the micro MODEM had the capability of communication and navigation. In [5] , a dual mode underwater acoustic MODEM was proposed for adapting the received signal-to-noise ratio (SNR). The dual mode MODEM could switch between FH and DSSS according to SNR.
With the increasing requirement for high data rate transmission, such as underwater speech transmission, underwater image transmission, the traditional non-coherence technology cannot satisfy the requirement because of low data rate and low bandwidth efficiency. Coherence communication has been used with the purpose to improve the bandwidth efficiency as well as the data rate. In [9] and [10] , a low cost long time life underwater acoustic MODEM with a data rate of 1000 bps was designed, the modulation type was binary coherent-FSK. A coherent DSSS MODEM was proposed in [11] . First, training sequences were used to obtain the least mean square (LMS) filter, then DSSS signal was equalized by the LMS filter. A data rate of 100 bps -1000 bps was achieved. In [12] , a flexible physical layer on r-MODEM platform was designed and implemented. The r-MODEM used recursive least square (RLS) equalizer with phase locked loop to recover the transmitted symbols, a bit rate of 550 bps was achieved.
The MODEMs mentioned above in [1] - [12] are based on single carrier, meanwhile multi-carrier such as orthogonal frequency division multiplexing (OFDM) technology has already been widely applied to point-to-point communication and network. OFDM technology has many advantages such as robustness to large multipath delay spread, high spectral efficiency, and the ability to exploit the multiuser and/or multipath diversity, but limited literatures report the design and implementation for underwater acoustic OFDM MODEM. In [13] , an underwater acoustic OFDM with a data rate of 6.2 kbps at 5 kHz bandwidth was designed. However, processing an OFDM block with 0.23 s duration needs about 1.7 s, which was not a real-time implementation. In [14] , [15] , underwater acoustic single-input-signleoutput (SISO) and multiple-input-multiple-output (MIMO) MODEMs whose data rate was 3.2 kbps and 6.4 kbps were proposed. In [16] , HEU OFDM MODEM was designed for underwater acoustic networking. In [17] , a sparse channel estimation based OFDM MODEM was designed with a data rate at 4664 bps at 330 m.
There are some commercial underwater acoustic MODEMs, for example, DSPCOMM reliable underwater acoustic MODEMs [18] , EvoLogics underwater acoustic MODEMs [19] , Teledyne Benthos underwater acoustic MODEMs [20] , Linkquest underwater acoustic MODEMs [21] , and smart ocean underwater acoustic MODEMs [22] .
However, under highly diverse underwater acoustic channels as well as different types of missions, underwater acoustic MODEMs with fixed configuration cannot achieve the best communication performance. For example, a fixed data rate which is quite high or quite low, cannot meet the requirements of various missions. Thus, a reconfigurable MODEM offers a flexible solution to adapt to different channels and scenarios.
On-the-fly changes of the digital modulation's type is a typical example of this reconfigurable capability [23] . For example, in [18] , modulation types were OFDM and DSSS. The underwater acoustic MODEM designed by WHOI equipped with multichannel phase shift keying (PSK) and FH-FSK in [8] . In [24] , four configurable input/output channels which are suitable for MIMO algorithms were used for underwater acoustic MODEM. A real-time DSP implementation of both SISO and MIMO MODEMs was detailed in [14] . Pre-configured modulation schemes consisted of an incoherent and a coherent OFDM were designed in [25] . The number of tones of the native M-FSK modulation and the gain of the class-D power amplifier were configurable for underwater acoustic MODEM in [26] .
During the recent years, the software-defined underwater acoustic MODEMs have been intensively investigated. In [27] , a software-defined underwater acoustic OFDM MODEM was introduced. Identification settings and addresses of a node in the network layer were reconfigurable, in the physical layer, the mapping scheme could be chosen as BPSK or QPSK. In [28] , a software-defined MODEM was proposed, the channel order and the training length for channel estimation were configurable, only in-air tests were provided to verify the software-defined MODEM. In [29] , a software-defined underwater acoustic OFDM MODEM with configurable modulation scheme, number of subcarriers, and channel coding rate was reported. In [30] and [31] , a software-defined acoustic MODEM which is used for reconfigurable underwater network was introduced. The scheme and system implementation of a software-defined acoustic MODEM for underwater sensor network were described in [32] .
Some digital-signal-processor-based configurable underwater acoustic MODEMs either provide limited configurable parameters or cannot be reconfigured on-the-fly. While the software-defined MODEMs employ the GNU radio architecture that allows a user to customize data processing modules and conveniently utilize existing popular algorithms. However, as a tradeoff, it will increase the hardware cost and energy consumption. To address the issues, in this paper, the primary goal is to design a highly configurable underwater acoustic OFDM MODEM, so that it would provide better adaptability under long time delay channels, Doppler channels, and fading channels. Specifically, multiple configurable parameters of the proposed acoustic OFDM MODEM include number of receivers, number of null subcarriers, number of pilot subcarriers, and type of channel estimation algorithms. In this paper, design and implementation of our highly configurable acoustic OFDM MODEM is provided in terms of hardware/software design and performance evaluation. The hardware design includes the digital signal processor, preamplifier, bandpass filter, and power amplifier. The software design includes synchronization, carrier demodulation, Doppler estimation and Doppler compensation, channel estimation, and maximum ratio combining (MRC). Specifically, we adopt null subcarriers to estimate the Doppler, and we verify the performance of Doppler estimation under different number of null subcarriers. Afterwards, we provide three kinds of channel estimation, least square in frequency domain, least square in time domain, and matching pursuit, the channel estimation performance is compared under different number of pilot subcarriers in terms of bit error rate (BER). Furthermore, in order to save run-time of central processing unit (CPU), we propose some novel approaches.
II. SYSTEM MODEL
Consider an underwater acoustic OFDM communication system, where the transmitted bits are split to K parallel outputs. The bit stream on K parallel outputs are modulated to complex symbols by using the multiple quadrature amplitude modulation (MQAM) scheme. The frequency of k-th subcarrier in baseband is
where f is the subcarrier separation. The entire signal bandwidth is B = K f , and the duration of an OFDM symbol
The modulated symbols in one OFDM symbol can be written as
where the superscript T denotes the transpose. Then the transmitted symbols in baseband in time domain are given as
where F is the K × K unitary normalized discrete Fourier transform (DFT) matrix, defined by F m,n 1 √ K e −j2πmn/K , where 0 m, n K − 1. Superscript H denotes Hermitian transpose. A cyclic prefix (CP) with length larger than that of the longest channel response is inserted at the beginning of each OFDM symbol. The CP is used to eliminate the inter-block interference (IBI) introduced by the multipath propagation. We denote the OFDM symbol with CP as CP-OFDM, and we denote the duration of CP-OFDM as T CP−OFDM . After adding the CP, we obtain the passband signal by upsampling and carrier modulation.
The subcarriers are partitioned into three groups, data subcarriers, pilot subcarriers, and null subcarriers. The data subcarriers, pilot subcarriers, and null subcarriers are used for transmitting required data, channel estimation, Doppler estimation respectively. We denote the indices of null subcarriers, indices of pilot subcarriers, and indices of data subcarriers as S z , S p , and S d respectively. We denote the number of the all subcarriers, number of null subcarriers, number of pilot subcarriers, number of data subcarriers as L S , L S z , L S p , and L S d , respectively.
In the receiver, the baseband signal is achieved by carrier demodulation, lowpass filter process, and downsampling. After removing the CP, the baseband of an OFDM symbol in n-th hydrophone in frequency domain is expressed as
When N = 1, the system is a SISO system, otherwise, it is a SIMO system. The matrix E( n ) denotes the frequency offset, defined as
Notation n in (5) is the normalized frequency offset which is defined as n = δ n / f , where δ n is the Doppler offset at n-th hydrophone. Notation D is a matrix with the elements of transmitted symbols on its diagonal. After Doppler estimation and Doppler compensation, we use the following model to estimate channel impulse response in time domain [33] 
The superscript hat denotes the signal after Doppler compensation. The matrix F p is a sub-matrix whose columns compose of p-th columns from F, where p ∈ S p . Notation D p is a matrix with the elements of pilot symbols on its diagonal. Notation H n in (4) and h n in (6) are channel impulse responses in frequency domain and time domain at VOLUME 7, 2019 FIGURE 1. The transmitting flowchart.
FIGURE 2. The receiving flowchart.
n-th hydrophone, respectively. The lengths of H n and h n are denoted as K and L, typically, K is much larger than L. Further, (6) can be written aŝ
where
Least square algorithm can be used to estimate the channel impulse response in time domain which is denoted as LS-T based on (7). The A p satisfies the restricted isometry property, and underwater acoustic channel typically exhibits sparse, the compressed sensing methods can be directly used to estimate the channel. Thus, the number of pilot subcarriers can be decreased, which will improve the bandwidth efficiency. Another approach for channel estimation is LS algorithm in frequency domain, which is denoted as LS-F in this paper. The principle of LS-F is straightforward shown as in (8),
In this paper, we utilize LS-F, LS-T, and MP channel estimation algorithms to estimate the channels for our OFDM MODEM, and we compare their performance under different number of pilot subcarriers.
III. MODEM DESIGN
In this section, we introduce the MODEM design including hardware design and software design. Figure 1 shows the flowchart of transmitting. The binary source is obtained from host computer via universal asynchronous receiver/transmitter (UART) interface, then the binary source is interweaved by block interweaver whose interweaving depth is 7, the convolutional code whose polynomial is (133,171) with coding rate of 1/2 is utilized. The last step of digital signal processing part is modulation. After modulation, the digital signal is converted to analog signal by digital-to-analog converter (DAC). Finally the analog signal is amplified by power amplifier and transmitted to underwater acoustic channel via transducer shown in Fig. 1(a) . Figure 1 (b) shows the details of modulation. The modulation includes symbol mapping, subcarriers design (including pilot subcarriers, data subcarriers, and null subcarriers), inverse fast Fourier transform (IFFT), upsampling, and carrier modulation. Figure 2 shows the flowchart of receiving. The acoustic signal is converted to voltage by hydrophone. For the analog part shown in Fig. 2(a) , there are two identical preamplifiers and bandpass filters for two channels. After the bandpass filters, the analog signal is converted to digital signal by analogto-digital converters (ADC), then demodulation is performed. The raw bits are recovered after maximum ratio combining method which adopts the spatial diversity to combat fading. At the last step, channel decoder and interweaver are used to recover the transmitted bits. Figure 2 (b) shows the details of demodulation. When one CP-OFDM symbol in passband is obtained, carrier demodulation, lowpass filter, and downsampling are performed to achieve baseband signal. After CP removal, the Doppler estimation and Doppler compensation are used to correct the carrier frequency offset which is caused by Doppler. Afterwards, the signal is transformed to frequency domain using FFT, and channel estimation is obtained via pilot subcarriers. The MRC acts as multi-channel equalizer in frequency domain.
In the following section, the specific implementation of the modulation and demodulation are introduced including hardware design and software design.
A. HARDWARE DESIGN 1) DIGITAL SIGNAL PROCESSOR
The core digital signal processor (DSP) in our MODEM is OMAPL138. The OMAPL138 contains two cores, DSP core (TMS320C6748) and ARM core. In our current design, the DSP core is used for digital signal processing, the ARM core is reserved for further use, for example, it is used for achieving the raw received data via Ethernet even if the DSP core is coding or decoding. The TMS320C6748 with fixed-point and floating-point digital signal processor is a low-power processor, which provides significantly lower power than other members of the TMS320C6000 platforms [34] . The DSP core uses a 2-level cache-based architecture, the level 1 program cache is a 32-KB direct mapped cache, and the level 1 data cache is a 32-KB, 2-way, and set-associative cache. The caches improve the efficiency of visiting the ROM and RAM. The highest clock frequency of the DSP core is 456 MHz, under such clock frequency, the computing ability is 3648 MIPS and 2746 MFLOPS. The TMS320C6748 DSP core contains rich of peripherals, such as enhanced direct memory access controller 3 (EDMA3), two external memory interfaces including external memory interface (EMIF) and mobile double data rate (DDR) memory controller, configurable 16550-type universal asynchronous receiver/transmitter modules, multichannel audio serial port (McASP), and so on. Figure 3 is the overview of the signal processor, the CPU core connects with DDR2, nandflash, audio codec, RS232, by mobile DDR memory controller, EMIF, McASP, and UART, respectively. Also, the CPU connects with Ethernet for further achieving raw acoustic data. Figure. 4 shows the core board of OMAPL138. 
2) ADC AND DAC
Because the bandwidth of our MODEM locates in the audio frequency (20 Hz -20 kHz), so we directly use audio chip to perform ADC and DAC. The selected audio chip is TLV320AIC3106. TLV320AIC3106 [35] is low-power stereo audio CODEC for portable audio with multiple inputs and outputs, programmable in single-ended or fully differential configurations. The SNR for DAC and ADC is 102 dBA and 92 dBA respectively. The sampling frequency of the audio chip can be configured as 8 kHz to 96 kHz, with 16, 20, 24, or 32 bits. TLV320AIC3106 is connected with CPU by McASP and inter-integrated circuit (IIC). The IIC is used to configure the parameters for TLV320AIC3106, for example, digital data input, digital data output, analog input and analog output. The McASP peripheral is connected to EDMA3, so the digital data transmission and digital signal processing can be performed simultaneously.
Because TLV320AIC3106 contains two ADCs and DACs, in this paper, we directly use the stereo channels to design a one-transmitter-two-receiver SIMO and SISO underwater acoustic OFDM MODEM, so we do not need to extra ADC. In our MODEM design, the line inport and line outport of TLV320AIC3106 chip are adopted to receive and transmit signal. In the transmitter, only one of the stereo channels is used.
3) PREAMPLIFIER
Because the analog signal received by hydrophone is much lower, usually several tens of millivolts which cannot be digitalized by ADC without distortion, so designing a preamplifier is essential. AD603 is a low noise, voltage-controlled amplifier, it provides accurate, pin-selectable gains from −11 dB to +31 dB with a bandwidth of 90 MHz, or +9 dB to +51 dB with a bandwidth of 9 MHz [36] . Because the bandwidth of our MODEM can be fully covered by the popular AD603 chip, in the proposed design, we directly use AD603 as the preamplifier, the schematic circuit of the amplifier is shown in Fig. 5 . We set the voltage of PIN 1 at 0.5 V, so the gain of the amplifier is fixed at 40 dB. In the further, we will design a preamplifier with automatic gain control (AGC) which uses DAC output to control PIN 1.
4) BANDPASS FILTER
Underwater acoustic channel is noisy channel, typically, the noise frequencies of underwater acoustic are between 10 Hz and 1 MHz. In order to improve the received SNR and VOLUME 7, 2019 eliminate the interference caused by ambient noise, a bandpass filter is designed for our MODEM. There are two options for the bandpass filter, analog bandpass filter and digital bandpass filter. In our MODEM design, in order to decrease the load of CPU, we choose analog bandpass filter, the central frequency is 16000 Hz, the bandwidth is 4000 Hz.
We choose MAX274 chip to design the bandpass filter. The MAX274 is continuous-time active filter consisting of independent cascadable 2nd-order sections. Each section can implement any all-pole bandpass or lowpass filter response, such as Butterworth, Bessel and Chebyshev; also each section is programmed by four external resistors [37] . There are four 2nd-order sections, permitting a 8th-order filters to be realized. Figure 6 shows the schematic circuit for MAX274, when BPB connects to INA, BPA connects to IND, and BPD connects to INC, it is an 8th-order bandpass filter, the input is INB, and the output is BPC. The resisters can be measured by Maxim filter software [38] .
5) POWER AMPLIFIER
There are three types of power amplifier, class-B, class-D, and class-AB, to carry out the piezoelectric transducer excitation. Although class-B and class-AB power amplifiers have more linear responses, the efficiency is much lower than that of class-D power amplifiers. Consider that TDA7498E chip is widely used as audio power amplifier, we directly use it to facilitate low cost implementation since our system works in audio frequency range. TDA7498E can be configured with bridge-tied-load (BTL) mode and stereo mode, for stereo scenario, the power of each channel can reach at 160 Watt, for BTL scenario, the maximum power can reach at 220 Watt [39] . In our design, we choose the BTL mode. The schematic circuit is shown in Fig. 7 .
6) TRANSDUCER AND MATCHING NETWORK
We use piezoelectric transducers in our MODEM design. The bandwidth of the transducer is 13 kHz -18 kHz with omni-directional in horizon. The transducer can be used in either transmitting mode or receiving mode, so our OFDM MODEM works in half-duplex mode. Most of the piezoelectric transducer exhibits capacitive characteristics, in our MODEM design, a suitable inductance is adopted as electrical impedance matching network to counteract the capacitive characteristics and improve the transmitted efficiency. Figure 8 is the structure of one frame. At the beginning of the frame, there are five coarse synchronization and one fine synchronization, between each synchronization, there is a guard interval which is used to combat multipath. After the synchronization, there are 30 CP-OFDM symbols, which are modulated and demodulated one by one. The total duration of one frame is 0.8+30*0.16=5.6 s, where the duration of entire synchronization is 0.8 s, and the duration of one CP-OFDM symbol is 0.16 s. In the modulation and demodulation process, double buffering method is utilized. The principle of double buffering method is that, when ping buffer is occupied by EDMA3, the CPU core processes the data from pong buffer, vice versa. In the modulation process, we apply two memory spaces for ping buffer and pong buffer, both of whose lengths are equal to T CP−OFDM . While one buffer is modulating signal, the other one is transmitting signal. In the demodulation process, because one entire CP-OFDM symbol always does not locate in ping buffer or pong buffer exactly, for example, part of one CP-OFDM symbol locates in ping buffer, and the remaining part locates in pong buffer which is retrieved via EDMA3, so we cannot demodulate the CP-OFDM symbol directly. An alternative approach is that, a bigger memory space whose length is equal to twice length of T CP−OFDM is used for combining ping buffer and pong buffer, we denote the bigger memory space as data buffer for description convenience. As Fig. 9(a) shows, the beginning of the first CP-OFDM symbol is found via synchronization, but only part of CP-OFDM symbol locates in the data buffer, denoted with gray color, when the pong buffer is full, first of all, move the second half data buffer to the first half data buffer, then, move pong buffer to the second half data buffer, this results in Fig. 9(b) . From Fig. 9(b) , we can see that, there is an entire CP-OFDM symbol in the data buffer, so we can demodulate the CP-OFDM symbol. The time for processing one CP-OFDM symbol should be less than that of a ping buffer or pong buffer, otherwise, OFDM data will be lost.
B. SOFTWARE DESIGN

1) SYNCHRONIZATION
Synchronization is used for finding the beginning of OFDM symbols, which is essential for MODEMs. In our MODEM design, we use linear frequency modulation (LFM), because of its good performance of auto-correlation. In many applications, the beginning is determined by the maximum amplitude of the correlation between local LFM and received LFM, if the maximum amplitude is larger than the threshold, the synchronization is established. However, underwater acoustic channel is time-varying channel, it is hard to choose an appropriate threshold. In our MODEM design, we utilize 5 coarse synchronization and 1 fine synchronization to obtain the accurate beginning of one frame, shown in Fig. 8 . For the coarse synchronization, the lengths of the LFM and its followed guard time are the same, we measure the maximum amplitudes and their corresponding positions which are obtained by the correlation from local LFM and the received LFM. Theoretically, the interval between each successive positions should be the same because of the same lengths of LFM and the guard time. After the coarse synchronization is established, we use the same method to detect the fine synchronization. Because the guard time between the fine synchronization and the beginning of the frame is known in advance, so after finding the fine synchronization, the beginning the OFDM frame is confirmed.
2) CARRIER DEMODULATION AND LOWPASS FILTER
In our MODEM design, the sampling frequency and the central frequency are set at 48 kHz and 16 kHz respectively, and the number of sampling points for one CP-OFDM symbol is 7680. A memory space of 7680 sampling points is used to store the carrier, note that because of the specific configuration, we do not need to update the carrier symbol by symbol, because carrier phase between the first sampling point and the last sampling point is continuous, in other words, the carrier phase between the last sampling point in previous symbol and the first sampling point in next symbol is continuous. In this way, the run-time is saved.
We use digital FIR lowpass filter in our OFDM MODEM. In order to save run-time, the coefficients are measured by rcosine() function via MATLAB software and stored in the nandflash in advance, and we use FFT, vector multiplication, and IFFT to perform fast filtering instead of performing filtering directly.
3) DOPPLER ESTIMATION AND DOPPLER COMPENSATION
The OFDM symbol is processed one by one, we assume that, during one CP-OFDM symbol, the Doppler remains the same, but varies with other CP-OFDM symbols. After downsampling and CP removal, it is essential to estimate and compensate the Doppler, because the Doppler will break the orthogonality. In our MODEM, we use null subcarriers to facilitate estimating the Doppler. Consider the cost function [40] , [41] 
, and y n = [y n (0), y n (1), · · · , y n (K − 1)] T is the received signal in time domain after downsampling and CP removal. If the received signal is compensated with correct Doppler, the null subcarriers will not have the inter-carrier interference (ICI) spilled over from neighboring subcarriers. Equation (9) can be solved via 1-D search for n using MUSIC-like algorithm, but MUSIC-like algorithm needs more computational complexity which is not applicable for underwater acoustic MODEM. We utilize alternative approach which is called bisectional method to estimate the Doppler n [14] . For each OFDM symbol, we choose a tentative n , and compensate the Doppler within the OFDM symbol, then we transform the signal to frequency domain via FFT, we extract the null subcarriers and measure their total energy. Then (9) is rewritten as
where e n (z) is the z-th element from F H E H ( n )y n . The searching area for Doppler is from -20 Hz to 20 Hz, which is VOLUME 7, 2019 corresponding to the relative movement from -1.875 m/s to 1.875 m/s between transmitter and receiver. The final resolution of Doppler estimation is 0.125 Hz. In a traditional way that uses linear searching method, it requires (20+20)/0.125=320 times of FFT. In order to decrease the times of FFT, we use a bisectional method that reduces the search interval by half for each iteration, so the total times for FFT is 26, which reduces the times of FFT significantly. We assume the estimated Doppler isˆ n , we directly compensate the Doppler usingŷ n = E H (ˆ n )y n in time domain.
4) CHANNEL ESTIMATION
After Doppler compensation, the signalŷ n is converted to frequency domainŶ n using FFT. In this subsection, we use LS-F, LS-T, and MP channel estimation algorithms.
1) LS-F channel estimation
We use (8) to estimate the channel impulse response in frequency domain via pilot subcarriers. However, only the indices of pilot subcarriers contain the channel impulse response, the indices of data subcarriers do not have the information about channel impulse response.
In this paper, we use linear interpolation method to obtain the channel impulse response in the indices of data subcarriers.
2) LS-T channel estimation
We use (7) to estimate the channel impulse response in time domain. Based on (7), a simple approach is LS-T, the channel impulse response is obtained by the following equation
From (11), we can see that, it requires matrix inverse process, which costs memory and CPU resources. In order to avoid matrix inverse, we design identical pilot symbols for all OFDM symbols, the expression (A H p A p ) −1 A H p can be calculated in advance, and save the result in the nandflash. So, for LS-T channel estimation, only matrix multiplying by vector is required, which significantly decreases the computational complexity. Note that, in (11) , the number of pilot subcarriers should be larger than channel length, which guarantees that (11) has determined solution. However, underwater acoustic channel typical exhibits long time delay, so it needs more pilot subcarriers to estimate the longtime-delay channel, unfortunately, it will decrease the bandwidth efficiency.
3) MP channel estimation [17] Underwater acoustic channel shows typical sparse, namely, underwater acoustic channel response has very few non-zero taps, but has a large spread delay, so compressed sensing method can be directly used for sparse channel estimation. In our MODEM design, we use MP channel estimation, so it has the potential to decrease the number of pilot subcarriers in order to improve the bandwidth efficiency. The procedure of MP is described as below. First, initialize w 1 = A H pŶ n and h n = 0. We first find the column in the matrix A p which is best aligned with the signal vectorŶ n , and its index is denoted as q 1 , then the projection of q 1 is removed from w 1 and the residual w 1 is obtained. Now, the column in A p , which is best aligned with w 2 is found denoted as q 2 , and the residual is formed. The algorithm proceeds iteratively until a stopping criterion is met. At s-th iteration, the q s is given by
the tap value at position q s is
and the residual is given by
where R = A H p A p . Because of the special design for the pilot subcarriers which uses identical symbols, and in order to save the CPU's run-time, A p and R are measured in advance and save in the nandflash. Algorithm 1 shows the detail of the MP channel estimation algorithm.
Algorithm 1 The MP Channel Estimation Algorithm
w s+1 = w s − R(q s ) * m 7: end for Output: h n
5) MAXIMUM RATIO COMBINING
We use maximum ratio combining method to utilize the spatial diversity to recover the transmitted symbols. The MRC is denoted asŜ
where k ∈ S d , and superscript * denotes the conjugate process.
6) CONFIGURABLE PARAMETERS SETTING
In some underwater acoustic MODEM design, the configurability is achieved by recompiling the source and updating the DSP image, which is not unaffordable in a practical field environment. In order to enable high configurability, the indices of data subcarriers, pilot subcarriers, and null subcarriers are designed and saved into the nandflash. Also, the matrices A p and R in algorithm 1, the results of (11) are measured in advance and saved into the nandflash. All the configurable parameters are designed to a DSP image using conditional statements, so that we do not need to recompile and update the image when the parameters need to be changed. In other words, user can directly send a command from UART interface to select a specific parameter configuration.
7) FUNCTION IMPLEMENTATION
In the design of the proposed MODEM, the most used functions are FFT and IFFT, for example, we use FFT to transform the signal from time domain to frequency domain, we use IFFT to transform the signal from frequency domain to time domain. We also use FFT and IFFT to perform traditional convolution and filtering. In order to improve the CPU efficiency, we directly use the integrated algorithms from DSP library which are written in assembly language. To be specific, we use DSPF_sp_fftSPxSP() and DSPF_sp_ifftSPxSP() to perform FFT and IFFT.
For other signal processing algorithms, the corresponding integrated functions are adopted. For example, in LS-T and MP channel estimation algorithms, we use DSPF_sp_mat_mul_cplx() to perform complex matrix multiplication. For data moving from one buffer to another buffer, function DSPF_sp_blk_move() is used. We use cossp() and sinsp() to generate carriers and Doppler offset in narrow band.
Because there is no integrated function for complex vector multiplication and complex linear interpolation, we write the functions by ANSI C, and optimize the codes manually. By using the integrated functions in the DSP library, functions optimized manually, and knacks mentioned above, the time for demodulating one CP-OFDM symbol is about 50 ms. As the duration of one CP-OFDM is 160 ms, except the time for basic demodulation there is much time left that enables the adoption of more signal processing algorithms to improve the performance. For example, more complex algorithms and more received channels can be considered. Finally, the code is programmed by ANSI C in code composer studio software, and single-precision floating point (32-bits) operation is used in the proposed design. Figure 10 shows our OFDM MODEM. The height, internal diameter, and external diameter are 45 cm, 10 cm, and 12.5 cm. The battery which can be used from +9 V to +36 V is provided through a cable, also, the message to be send and received, the parameter-configurable command are interacted with host computer via the cable. The maximum received power consumption and the maximum transmitted power consumption are 3 W and 40 W. 
C. PROTOTYPE OF THE OFDM MODEM
IV. RESULTS AND ANALYSIS
In this section, two sea trials that were corresponding to different underwater acoustic communication scenarios were conducted to evaluate the performance of our OFDM MODEM. The underwater acoustic channels from first experiment exhibit large time-delay and time-varying characteristics, the channels from the other show large Doppler and time variations. We use multiple parameters to configure our MODEM, which enables adjustment between different data rate and different communication performance. The constant parameters are shown in Table 1 . The sampling frequency, central frequency, and bandwidth in our MODEM are 48 kHz, 16 kHz, and 4000 symbols/s. The mapping scheme is QPSK. The number of total subcarriers is 512, so the subcarrier spacing is 7.8125 Hz, the duration of one OFDM symbol is 128 ms. We use CP whose duration is 1/4 of one OFDM to inhibit inter-block-interference and provide a circular convolution with the channel, so in our OFDM MODEM, the CP could handle 32 ms of multipath delay spread. We also use convolutional channel coding and decoding methods. We use (16) to measure the raw data rate
where Q = 4 in our MODEM design. In our design, the upper transducer only transmits signal, the lower transducer keeps silent. When both two transducers are used to demodulate, we denote our MODEM as SIMO (one input two outputs) MODEM, when only one transducer is used to demodulate, we denote our MODEM as SISO (one input one output) MODEM. The channel from transmitter to upper receiver is denoted as CH1, and the other is CH2. 
A. EXPERIMENT I
The first sea trial was conducted at Wuyuan Bay, Xiamen, China, where is a semi-closure gulf. The depth of the experimental area is round 10 m. One MODEM with two transducers was suspended in a pier with depths of 3 m and 5 m, the other MODEM with two transducers was suspended in a boat with depths of 4 m and 6 m, shown in Fig. 11(a) . The distance between the two MODEMs was 1000 m.
Figure 11(b) shows the sound speed profile, which indicates positive gradient.
In the experiment, we use multiple parameters to configure our MODEM in order to obtain different data rate and communication performance. Two group of parameters are utilized. In the first group, the number of the null subcarriers L S z is 43, and the numbers of the pilot subcarriers L S p are 53, 118, 157, and 235, for description convenience, we denote the corresponding configurations as C1, C2, C3, and C4. The corresponding raw data rate is 5200 bps, 4387.5 bps, 3900 bps, and 2925 bps, respectively. In the second group, the number of null subcarriers L S z is 85, and the numbers of the pilot subcarriers L S p are 48, 107, 143, and 214, similarly, we denote the configurations as C5, C6, C7, and C8, respectively. The corresponding raw data rate is 4737.5 bps, 4000 bps, 3550 bps, and 2662.5 bps. The relationship among L S p , L S z , and raw data rate is shown in Table 2 . We transmitted 16 times for each of C1-C8, where 8 times for SISO MODEM and 8 times for SIMO MODEM. The average SNR was around 23 dB. Figure 12 (a) shows the received waveform from one of the C8 frames. From the figure, we can observe that, the SNR is relatively high, we can also see that, the amplitude of the signal shows fluctuation because of the frequency-selective characteristic. Furthermore, impulse noise can be observed. figure, we can see that, there is obvious Doppler in both two channels. Since the two MODEMs kept stable, the Doppler was introduced by current. Figure 13 shows the channel impulse responses. We use one of the C8 frames and LS-T method to estimate the channels. Before channel estimation, Doppler estimation and Doppler compensation are utilized. The channel length is set 37.5 ms. From Fig. 13 , we can see that, the multiple delays extend approximately 30 ms, and the channels show timevarying characteristic. Figure 14 shows the average BER using first-group parameters. We use LS-F, LS-T, and MP channel estimation methods to estimate the channels, also, we compare BER for the SISO MODEM and SIMO MODEM. In MP algorithm, the sparsity is set 25. From the figure, we can see that, when the number of pilot subcarriers is 53 which is far less than channel length, both the SIMO MODEM and SISO MODEM obtain the worst communication performance in three sub-figures. The reason is that, the channel estimation is not correct when the training length is short. When the number of pilot subcarriers is larger than channel length, for example, the number of pilot subcarriers is 235, the LS-T channel estimator obtains the lowest BER, the reason is that, the channel estimates in frequency domain introduce much noise than that in time domain, since the length of H n is larger than that of h n . Compared SIMO MODEM with SISO MODEM, we can see that, the SIMO MODEM obtains the lower BER, because the SIMO MODEM takes advantage of channel diversity to combat channel fading, for example, when the number of pilot subcarriers is 157 or 235, the SIMO MODEM obtains 0 BER after channel decoding. Figure 15 shows the mean BER using second group parameters. Because we use larger number of null subcarriers to estimate more accurate Doppler, the lower BER is obtained than that in Fig. 14 . The similar results can be achieved as in Fig. 14 .
From Fig. 14 and Fig. 15 , we conclude that, under long time delay spread and time-varying channel, our SISO MODEM achieves minimum BER of 10 −3 order of magnitude after channel decoding, the corresponding raw data rate is 3550 bps. Our SIMO MODEM achieves 0 BER after VOLUME 7, 2019 channel decoding, the maximum raw data rate with 0 BER is 4387.5 bps. We can see that, the SISO MODEM does not obtain very low BER, one of the reason is the impulse noise.
B. EXPERIMENT II
To further verify our OFDM MODEM under mobile underwater acoustic communication scenario, the second experiment was conducted near Xiamen harbor, Xiamen, China. The depth of the trial area is around 10 m. Two MODEMs were suspended on two boats with relative motion, one of the boat was anchored and the other was sailed at a speed of 1.5 knots. The initial distance between the two boats was about 1.2 km. The depths of the two transducers for the two MODEMs were 3 m and 5 m. The average SNR was around 20 dB.
In the experiment, the number of null subcarriers L S z is set 86, the number of pilot subcarriers is 213, so the raw data rate is 2662.6 bps. We randomly transmitted 8 frames for SIMO MODEM and 8 frames for SISO MODEM. Figure 16 shows the Doppler from one frame. Because of the motion between transmitter and receiver, the Doppler is quite large which varies from -5 Hz to -8 Hz. Figure 17 depicts the channel impulse responses from one frame. Before channel estimation, the Doppler estimation and Doppler compensation are performed. From the figure, we can see that, although the Doppler has been compensated in narrow band, there is still large residual Doppler, because of the large scale Doppler. From the figure, we also can observe that, the structure of the channels is quite brief.
We also calculate the average BER for the SIMO MODEM and SISO MODEM after channel decoding. Table 3 provides the average BER. For the SIMO MODEM, there are 7 frames that obtain 0 BER, only one frame achieves BER of 0.69%, 1.5%, and 0.37% obtained by LS-F, LS-T, and MP channel estimators. From the table, we see that, the SISO MODEM obtains higher BER because of the severe Doppler.
Finally, we provide the constellations from SIMO MODEM in Fig. 18 . From the three sub-figures, we see that, the constellations are clearly separated, which are consistent with low raw BER.
V. FURTHER WORK
1) The raw received waveform will be achieved via the Ethernet. 2) In the experiments, we can see that the MP channel estimation does not improve the performance significantly, in the future, we will use orthogonal matching pursuit instead of MP. 3) In order to make our MODEM more robust, we will design some algorithms to mitigate the impulse noise. 4) We will design an adaptive algorithm to select appropriate parameters based on channel to achieve the best performance. 5) We will design configurable network protocol in the ARM core for networking.
VI. CONCLUSION
Traditional MODEM with fixed parameters is hard to achieve a tradeoff between data rate and bit error rate. In this paper, we design and implement a highly configurable OFDM for shallow water acoustic communication. The configurable parameters include number of received channels, number of null subcarriers, number of pilot subcarriers, type of channel estimation methods. We introduce the design and implementation of the entire OFDM system including the hardware and algorithms. To save CPU run-time, we also introduce some novel knacks. Sea trials under two different shallow underwater acoustic channels were performed for performance evaluation. While under the large time delay spread and time varying channel, our OFDM MODEM obtains 0 BER with the maximum raw data rate of 4387.5 bps after channel decoding; under mobile channels with large Doppler, our OFDM MODEM obtains BER of 10 −4 order of magnitude after channel decoding with a raw data rate of 2662.6 bps. The experimental results show that the proposed OFDM MODEM with configurable parameters is able to achieve satisfactory communication performance under shallow underwater acoustic channels and moving platform.
